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1
SIGNAL-TO-NOISE RATIO DETERMINING
METHOD AND DEVICE, AND CHANNEL
EQUALIZATION METHOD AND DEVICE

The present application is the national phase of PCT
International Patent Application PCT/CN2018/101903, filed
on Aug. 23, 2018, which claims priority to Chinese Patent
Application No. 2018106701944, titled “SIGNAL-TO-
NOISE RATIO DETERMINING METHOD AND
DEVICE, AND CHANNEL EQUALIZATION METHOD
AND DEVICE?”, filed on Jun. 26, 2018 with the Chinese
Patent Office, both of which are incorporated herein by
reference in their entireties.

FIELD

The present disclosure relates to the technical field of
mobile communication systems, and in particular to a sig-
nal-to-noise ratio determining method and device for a
receiving end of an information transmission system, and a
channel equalization method and device based on an MMSE
equalizer.

BACKGROUND

For an information transmission system with a high
transmission rate, a multi-carrier transmission technology or
a single-carrier transmission technology may be adopted for
transmission. The orthogonal frequency division multiplex-
ing (OFDM) technology is a representative multi-carrier
transmission technology. The single carrier frequency
domain equalization (SCFDE) technology is a representa-
tive single-carrier transmission technology. The following
description is given by taking an SCFDE system as an
example. Reference is made to FIG. 1, which is a schematic
diagram showing a transmission process of an SCFDE
system in the conventional technology. The transmission
process is described below. At the transmitting end, channel
coding is performed on a binary bit stream, then constella-
tion mapping is performed, and a guard interval (GI) is
inserted in the signal, where a cyclic prefix (CP) or a unique
word (UW) is generally used as a GI in the SCFDE system.
Then shaping filtering, up-conversion (DUC), and digital-
to-analog conversion (D/A) are performed on the signal, and
then the processed signal enters a channel. At the receiving
end, an inverse process of the transmitting-end process is
performed. The analog-to-digital conversion (A/D), down-
conversion (DDC), matched filtering are performed on the
signal, and then timing synchronization and frequency syn-
chronization are performed on the system. Then the guard
interval is removed. In this case, the signal is divided into
two parts including a pilot part and a data part. The pilot part
is mainly used for channel estimation. The data part is
converted to the frequency domain through the FFT trans-
form, and then the converted data together with a channel
response and a signal-to-noise ratio obtained by the pilot
part is used for MMSE frequency domain equalization. The
FFT transform is performed to convert the signal to the time
domain. Then decision and decoding are performed on the
converted signal to obtain the original binary bit stream.

In the SCFDE system, a minimum mean square error
(MMSE) equalization method is used for the channel equal-
ization, in which an MMSE equalizer is adopted. In this
case, the effects of both a noise and a channel are taken into
consideration, so that the effect of the noise on the system
does not increase in a case that there is deep fading on the
transmission channel. The basic operation principle of the
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2

MMSE equalizer is described below. An equalizer coeffi-
cient is calculated to minimize a mean square of a difference
between an equalizer output and an expected signal, which
requires to accurately estimate the signal-to-noise ratio.
There are two common signal-to-noise ratio estimation
methods, i.e., a data-aided estimation method and a blind
estimation method. The data-aided estimation method is
adopted by most existing systems. Most typically, the Bou-
mard algorithm is generally adopted, in which the noise
power is estimated by using two preamble symbols. The
calculation complexity of this method is large. Further, it is
required to further estimate the signal-to-noise ratio based
on the estimated noise power.

Therefore, a technical problem to be solved by those
skilled in the art is to reduce the calculation amount for the
signal-to-noise ratio, so as to stably and reliably estimate the
signal-to-noise ratio.

SUMMARY

An object of the present disclosure is to provide a signal-
to-noise ratio determining method and device for a receiving
end of an information transmission system, and a channel
equalization method and device based on an MMSE equal-
izer, to reduce the calculation amount for a signal-to-noise
ratio, so as to stably and reliably estimate the signal-to-noise
ratio.

In order to achieve the above object, the following tech-
nical solutions are provided in the present disclosure.

There is provided a signal-to-noise ratio determining
method for a receiving end of an information transmission
system. The signal-to-noise ratio determining method is
based on an information transmission system in which
timing synchronization is achieved by using a structure of a
repetitive training sequence. The signal-to-noise ratio deter-
mining method includes:

acquiring a peak and a valley of an autocorrelation
function, where the peak represents a sum of a signal
average power and a noise average power, and the valley
represents the noise average power; and

determining a signal-to-noise ratio based on the peak and
the valley.

The acquiring a peak and a valley of an autocorrelation
function includes:

determining an autocorrelation function R, (k+N)
which is expressed as

1N—1 .
Rouwolk +N) = = > rlk +myrh+m+N)",

m=0

where k represents a subscript related to time, N represents
a length of the repetitive training sequence, r(k+m) repre-
sents a signal at a time instant delayed than a time instant k
by m sampling periods, m represents the number of delayed
sampling periods, and (.)* represents a conjugate operation;
determining a peak R, A(N) of the autocorrelation func-
tion from the autocorrelation function R ,,,,(k+N), where in
a case that there is no frequency offset in the information
transmission system, the peak R, ,,*(N) is determined as

auto

Rouio(N) =

1 N-1
7 2 praamstelha +m) +wiky +m)]
m=0
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-continued
[Spreampteka +m + N) +wika +m + N)|*

signal + Proises

and in a case that there is a frequency offset which is
expressed as e=f . /Af in the information transmission
system, the peak R, “(N) is determined as

1 N-1
Reuo ) = 55 > peansielka +m) +wiky +m)]
m=0

[Spreampie (ka +m + N) +wiky +m + N)]*

_ kel N
= Pigna€™ N + Poie.

where f, .. . represents a carrier offset, and Af represents a
subcarrier frequency interval; and

determining a valley R, Y(N) of the autocorrelation
function from the autocorrelation function R, (k+N),
where the valley R, Y(N) is determined as

auto

auto

v 1 = *
RiaoN) = 5 3 wlks + m)lspreame (ky +m) + wiky +m + NI

m=0

= Proise

where S,,.,,.,:.(K) represents a training sequence, w(k)
represents a noise, P, , represents a signal average power,
P..sc f€Presents a noise average power, k, represents a time
subscript corresponding to the peak, and ky represents a
time subscript corresponding to the valley.

The determining a signal-to-noise ratio based on the peak
and the valley includes: determining a signal-to-noise ratio
SNR based on the peak R, *(N) and the valley R, ¥(N)
according to a signal-to-noise ratio determination rule which
is expressed as

RSN = | R o (N)]

aito

SNR = -
1Rgu0 (N

5

where |¢| represents an absolute value operation.

A channel equalization method based on an MMSE
equalizer is provided. The channel equalization method
includes:

acquiring the signal-to-noise ratio determined by per-
forming the signal-to-noise ratio determining method
according to any one of claims 1 to 3, and acquiring a
frequency domain channel impulse response;

determining an MMSE equalizer coefficient based on the
signal-to-noise ratio and the frequency domain channel
impulse response;

determining a scale correction factor based on an average
frequency domain channel response, a signal average power
and a noise average power; and

performing an equalizing process on a received frequency
domain signal based on the MMSE equalizer coeflicient and
the scale correction factor, to obtain a scale-corrected fre-
quency domain signal.

The determining a scale correction factor based on an
average frequency domain channel response, a signal aver-
age power and a noise average power includes:
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determining a scale correction factor ® based on an
average frequency domain channel response H, a signal
average power P . and a noise average power P
according to a scale correction factor determination rule

which is expressed as

noise

2
_ HI" Psignat + Proise

6= —2
|H|" Psignat

A signal-to-noise ratio determining device for a receiving
end of an information transmission system is provided. The
signal-to-noise ratio determining device is based on an
information transmission system in which timing synchro-
nization is achieved by using a structure of a repetitive
training sequence. The signal-to-noise ratio determining
device includes:

a first acquiring module configured to acquire a peak and
a valley of an autocorrelation function, where the peak
represents a sum of a signal average power and a noise
average power, and the valley represents the noise average
power; and

a signal-to-noise ratio determining module configured to
determine a signal-to-noise ratio based on the peak and the
valley.

The first acquiring module includes:

an autocorrelation function determining unit configured to
determine an autocorrelation function R, (k+N) which is
expressed as

auto

= )
Rauo(k +N) = ﬁz rlk +mr(k + m+ N)Y*,

m=0

where k represents a subscript related to time, N represents
a length of the repetitive training sequence, r(k+m) repre-
sents a signal at a time instant delayed than a time instant k
by m sampling periods, m represents the number of delayed
sampling periods, and (.)* represents a conjugate operation;

a first peak determining unit configured to determine a
peak R, “(N) of the autocorrelation function from the
autocorrelation function R, (k+N), where in a case that
there is no frequency offset in the information transmission
system, the peak R_,,_“(N) is determined as

auto

1 N-1
RouoN) = 5 D [Spreampieka +m) + wlky +m)]
m=0

[Spreampteka +m +N) +wiky +m + N)J*

signal + Proise’

a second peak determining unit configured to determine the
peak R, “(N) of the autocorrelation function from the
autocorrelation function R, (k+N), where in a case that
there is a frequency offset which is expressed as e=f_,._/Af
in the information transmission system, the peak R, “(N)
is determined as

auto

1 N-1
RiuaoN) = 55 > preampieka +m) + ik +m)]
m=0
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-continued
[Spreampteka +m + N) +wika +m + N)|*

_ 2rkelN
= Pignate” + Proises

where 1, represents a carrier offset, and Af represents a
subcarrier frequency interval; and

avalley determining unit configured to determine a valley
R,,..Y(N) of the autocorrelation function from the autocor-
relation function R, (k+N), where the valley R, Y(N) is
determined as

v 1 i *
Rio ) = 5 > wlks +m)[Spmeambielhy +m) + wiky +m +N)]

m=0

= Proise>

where s,,,,,,.5,.(K) represents a training sequence, w(k) rep-
resents a noise, P, ,; represents a signal average power,
P,.:s f€presents a noise average power, k, represents a time
subscript corresponding to the peak, and k¢ represents a
time subscript corresponding to the valley.

The signal-to-noise ratio determining module is config-
ured to determine a signal-to-noise ratio SNR based on the
peak R, “(N) and the valley R, Y(N) according to a
signal-to-noise ratio determination rule which is expressed
as

RSN = | R o (N)]

aito

SNR = -
1Rgu0 (N

where |¢| represents an absolute value operation.

A channel equalization device based on an MMSE equal-
izer is provided. The channel equalization device includes:

a second acquiring module configured to: acquire the
signal-to-noise ratio determined by the signal-to-noise ratio
determining device described above, and acquire a fre-
quency domain channel impulse response;

an equalizer coeflicient determining module configured to
determine an MMSE equalizer coefficient based on the
signal-to-noise ratio and the frequency domain channel
impulse response;

a scale correction factor determining module configured
to determine a scale correction factor based on an average
frequency domain channel response, a signal average power
and a noise average power; and

a signal equalization module configured to: perform an
equalizing process on a received frequency domain signal
based on the MMSE equalizer coefficient and the scale
correction factor, to obtain a scale-corrected frequency
domain signal.

The scale correction factor determining module is con-
figured to determine a scale correction factor ® based on an
average frequency domain channel response H, a signal
average power P, and a noise average power P,
according to a scale correction factor determination rule
which is expressed as

2
_ |HI Pignat + Proise

= —2
|H|" Pyignat
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It can be seen from above that, in the information trans-
mission system on which the above solutions are based, time
and frequency synchronization is achieved by using a struc-
ture of a repetitive training sequence. The maximum value
of an autocorrelation function is required to be determined,
and symbol timing synchronization and carrier frequency
offset estimation are performed respectively based on the
position and the phase of the maximum value. Therefore, in
the signal-to-noise ratio determining method and device for
a receiving end of an information transmission system,
based on independence between a signal and a noise, a
signal-to-noise ratio can be stably and reliably estimated
based on a peak and a valley of the autocorrelation function
with no additional calculation complexity, so that the cal-
culation amount for the signal-to-noise ratio can be reduced.

Further, in order to solve the problem that the scale of a
constellation map of an output signal of the MMSE equal-
izer changes with factors such as the signal-to-noise ratio, a
channel equalization method based on an MMSE equalizer
is provided. In this method, an MMSE equalizer coeflicient
is determined based on a stable and reliable signal-to-noise
ratio obtained by performing the signal-to-noise ratio deter-
mining method described above, and a scale correction
factor is determined based on an average frequency domain
channel response, a signal average power and a noise
average power. In this way, the MMSE equalizer can have
an excellent equalization performance, and also can stabilize
the scale of the constellation map of the output signal of the
MMSE equalizer by scale correction, so that a subsequent
soft demapping module can work normally.

BRIEF DESCRIPTION OF THE DRAWINGS

In order to more clearly illustrate technical solutions in
embodiments of the present disclosure or in the conventional
technology, the drawings to be used in the description of the
embodiments or the conventional technology are briefly
described below. Apparently, the drawings in the following
description only show some embodiments of the present
disclosure, and other drawings may be obtained by those
skilled in the art from the drawings without any creative
work.

FIG. 1 is a schematic diagram showing a transmission
process of an SCFDE system in the conventional technol-
ogy;

FIG. 2 is a schematic flowchart showing a signal-to-noise
ratio determining method for a receiving end of an infor-
mation transmission system according to an embodiment of
the present disclosure;

FIG. 3 is a schematic diagram showing signal-to-noise
ratio estimation based on a structure of a repetitive training
sequence according to an embodiment of the present dis-
closure;

FIG. 4 is a schematic diagram showing a relationship
between an actual value and an estimated value of an SNR
according to an embodiment of the present disclosure;

FIG. 5a shows a constellation map of an output signal of
an MMSE equalizer in a case that the signal-to-noise ratio is
4 dB according to an embodiment of the present disclosure;

FIG. 56 shows a constellation map of the output signal of
the MMSE equalizer in a case that the signal-to-noise ratio
is 12 dB according to the embodiment of the present
disclosure;

FIG. 6 is a schematic flowchart showing a channel equal-
ization method based on an MMSE equalizer according to
an embodiment of the present disclosure;
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FIG. 7 is a schematic block diagram showing an MMSE
channel equalization method according to an embodiment of
the present disclosure;

FIG. 8a shows a scale-changed constellation map in a
case that the signal-to-noise ratio is 4 dB according to an
embodiment of the present disclosure;

FIG. 85 shows an expected constellation map in the case
that the signal-to-noise ratio is 4 dB according to the
embodiment of the present disclosure;

FIG. 9 is a schematic structural diagram showing a
signal-to-noise ratio determining device for a receiving end
of an information transmission system according to an
embodiment of the present disclosure; and

FIG. 10 is a schematic structural diagram showing a
channel equalization device based on an MMSE equalizer
according to an embodiment of the present disclosure.

DETAILED DESCRIPTION OF THE
EMBODIMENTS

Technical solutions of embodiments of the present dis-
closure are clearly and completely described in the follow-
ing in conjunction with the drawings of the embodiments of
the present disclosure. Apparently, the embodiments
described in the following are only some embodiments of
the present disclosure, rather than all the embodiments. Any
other embodiments obtained by those skilled in the art based
on the embodiments in the present disclosure without any
creative work fall in the scope of protection of the present
disclosure.

There are provided a signal-to-noise ratio determining
method and device for a receiving end of an information
transmission system, and a channel equalization method and
device based on an MMSE equalizer in the present disclo-
sure, to reduce the calculation amount for a signal-to-noise
ratio, so as to stably and reliably estimate the signal-to-noise
ratio.

It is assumed that, a transmitted signal is indicated by s(k),
average power of the transmitted signal is equal to 1, a
sampling frequency is indicated by 1/T, and a channel
impulse response of s(k) is indicated by h(l), where 1=0, 1,
*+e [-1, and L represents the number of taps of the channel
impulse response. An additive white gaussian noise may be
indicated by w(k), and average power of the noise is
indicated by P,,,;... In this case, a received signal r(k) at a
receiving end in a time domain may be expressed as:

=

1 (69)

k) = Y h(Dstk — 1) + wik)

T
o

= h(k) «s(k) + wik)

where * represents a linear convolution operation. Due to
introduction of a cyclic prefix, the linear convolution opera-
tion between the signal s(k) and the channel impulse
response h(k) may be converted into a circular convolution
operation. That is, in a case that a duration T of the cyclic
prefix meets T=7,,,., Where T,,,, represents the maximum
delay spread, and receiving and transmitting of the system
are strictly synchronized with each other, the following
expression may be obtained after the cyclic prefix is
removed:

FE=h(RDs(R)+w() 0sk=Np—1 @)

where & represents a circular convolution operation, N
represents the number of FFT points. After an FFT trans-
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formation is performed on the expression (2), a frequency
domain expression of the received signal r(k) is obtained as
follows.

RE=HE)SE)+W(K), Osk=Np—1 3)

where R(k), H(k), S(k), and W(k) respectively indicate
frequency domain representations of r(k), h(k), s(k), and
w(k). Channel estimation and frequency domain equaliza-
tion for the SCFDE system are performed based on the
expression (3).

It is assumed that an equalizer coefficient is indicated by
C(k). In this case, an equalized frequency domain output
may be expressed as

SE=COHR) S+ C )W), OsksNy—1 @)

According to a definition of a mean square error MSE, the
MSE after equalization is derived as follows.

Np—1

5)
3 ) - s
k=0

MSE = E]|

Np-1
= > EICUH() - DSK) + CloW (0]
k=0

In a case that the mean square error MSE reaches the
minimum, a minimum mean square error MMSE equalizer
having the following equalizer coefficient is obtained.

H* (k) Psignat
Cyuse k) = > g =
|HUON Psignat + Proise

H*(k) ©

1
2
KPR +

where P, ,, represents a signal average power, P,
represents a noise average power, and SNR represents a
signal-to-noise ratio. It can be seen from the expression (6)
that, for the implementation of the MMSE equalizer, the
following two problems are required to be solved. One
problem to be solved is that the signal-to-noise ratio should
be accurately estimated, which is crucial in implementing
the MMSE equalization. The other one problem to be solved
is that, automatic gain control (AGC) of the system cannot
ensure that the average power of the received signal is fixed
at a certain value, but only can ensure that the average power
of the received signal is in a certain range. In this case,
relative values of parameters such as the signal average
power, the noise average power and the channel estimation
value may change, which results in a change of a scale of a
constellation map of an output signal after equalization, and
further results in a soft demapping module failing to work
normally. Therefore, the scale change is required to be
suppressed.

In most of existing data-aided signal-to-noise ratio esti-
mation methods, the signal-to-noise ratio is estimated with-
out considering the whole system. In this case, a frame
structure is always required to be designed separately, and
calculation complexity is large. Referring to FIG. 2, a
signal-to-noise ratio determining method for a receiving end
of'an information transmission system is provided according
to an embodiment of the present disclosure. The signal-to-
noise ratio determining method is based on an information
transmission system in which timing synchronization is
achieved by using a structure of a repetitive training
sequence. The signal-to-noise ratio determining method
includes the following steps S101 and S102.
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In S101, a peak and a valley of an autocorrelation function
are acquired. The peak represents a sum of a signal average
power and a noise average power, and the valley represents
the noise average power.

It should be noted that, in an information transmission
system such as an SCFDE system and an OFDM system, a
repetitive pilot structure is usually used to achieve time and
frequency synchronization, and related parameters of an
autocorrelation function are required to be determined in a
process of implementing the time and frequency synchro-
nization algorithm by using a structure of a repetitive
training sequence. Specifically, symbol timing synchroniza-
tion and carrier frequency offset estimation are respectively
performed based on a position and a phase of the maximum
value of the autocorrelation function. Therefore, with this
solution, in the process of implementing the time and
frequency synchronization, the signal-to-noise ratio can be
determined based on the peak and the valley of the auto-
correlation function with no additional calculation complex-
ity, thereby achieving the estimation for the signal-to-noise
ratio and facilitating hardware implementation.

In S102, a signal-to-noise ratio is determined based on the
peak and the valley.

It can be understood that, the signal-to-noise ratio can be
determined based on the peak and the valley of the auto-
correlation function, because the peak of the autocorrelation
function represents the sum of the signal average power and
the noise average power, and the valley of the autocorrela-
tion function represents the noise average power. According
to a definition of the signal-to-noise ratio, the signal-to-noise
ratio SNR can be determined based on a peak R, *(N) and
a valley R, Y(N) according to a signal-to-noise ratio
determination rule, where the signal-to-noise ratio determi-
nation rule is expressed as

RSN = | R o (N)]

aito

SNR = -
[Rauo(N)I

It can be seen that, with this solution, the signal-to-noise
ratio can be accurately estimated by performing a simple
operation on the peak and the valley of the autocorrelation
function.

Based on the above embodiments, in this embodiment, the
process of acquiring the peak and the valley of the autocor-
relation function is performed by the following steps includ-
ing:

determining an autocorrelation function R
which is expressed as

(k+N)

auto

= )
Rauo(k + N) = ﬁz rlk +mr(k +m+ N)Y*,

m=0

where k represents a subscript related to time, N represents
a length of the repetitive training sequence, r(k+m) repre-
sents a signal at a time instant delayed than a time instant k
by m sampling periods, m represents the number of delayed
sampling periods, and (.)* represents a conjugate operation;
determining a peak R, “(N) of the autocorrelation func-
tion from the autocorrelation function R ,,,,,(k+N), where in
a case that there is no frequency offset in the information
transmission system, the peak R, ,,*(N) is determined as

10

1 N-1
Reuo ) = 55 > preambielka +m) +wiky +m)]
m=0

5 [Spreampie ka +m + N) + wiks +m +N)J*

signal + Proises

and in a case that there is a frequency offset which is
0 expressed as e=f ; /Af in the information transmission
system, the peak R, *(N) is determined as

—

auto

1 N-1
15 Reuo ) = 55 > preambielka +m) +wiky +m)]
m=0

[Spreampte (ka +m + N) + wika +m + N)J*
= Puigna@™ N + Poiee.

20
~o; Fepresents a carrier offset, and Af represents a
subcarrier frequency interval; and

determining a valley R, Y(N) of the autocorrelation
function from the autocorrelation function R, (k+N),
where the valley R___V(N) is determined as

where

auto

v 1 = *
Riao(N) = 5 > wlko + m)lSpreampie (hy +m) 4 wlky +m + N)]*

m=0

= Proise

where s,,.,..,..(K) represents a training sequence, w(k)
represents a noise, P, , represents a signal average power,
P,.:s fe€presents a noise average power, k, represents a time
subscript corresponding to the peak, and k¢ represents a
time subscript corresponding to the valley.

Reference is made to FIG. 3, which is a schematic
40 diagram showing a signal-to-noise ratio estimation based on
a structure of a repetitive training sequence according to an
embodiment of the present disclosure. It should be noted
that, there may be multiple repetitive training sequences in
an actual system, but the multiple repetitive training
sequences do not bring a qualitative change to the signal-
to-noise ratio estimation. The valley and the peak are
acquired from results of first two repetitive training
sequences among the repetitive training sequences. In this
embodiment, the following description is given by taking
only two repetitive training sequences as an example. It is
assumed that, a length of the repetitive training sequence is
indicated by N. In this case, an autocorrelation function of
the received signal that is delayed by N sampling instants
may be calculated as follows.

1 N-1 .
Rouolk +N) = =5 3 rlk+myrtk +m +N)",

m=0

M

60

where (.)* represents a conjugate operation. In a process of
calculating the peak of the autocorrelation function, whether
there is a frequency offset between a receiving end and a
transmitting end of the information transmission system
should be taken in consideration. In a case that there is no
frequency offset between the receiving end and the trans-
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mitting end of the information transmission system, the peak
R,,..2(N) of the autocorrelation function may be determined
as:

1 N-1
Rouo ) = 5 3 Spreambieths +m) + wiky +m)]

m=0

®

[Spreampteka +m +N) +wiky +m + N)J*

1Nt 10
= 7 2, Soreanpie(ka +m) + wiky +m)]
m=0

[Spreampte (ka +m) + w(ka +m + N)J*

= Psignat + Proise
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where s,,,..,.5,.(M) represents a training sequence, P ,,.;
represents a signal average power, P, . represents a noise
average power, and k, represents a time subscript corre-
sponding to the peak. It can be seen that the peak appears in
a hill shape, and it takes N sampling periods from the bottom
of the hill to the top of the hill.

In a case that there is a frequency offset between the
receiving end and the transmitting end of the information
transmission system, it is assumed that there is a normalized
frequency offset e=f, /Al between the receiving end and
the transmitting end, where f,;,, represents a carrier offset,

25

&

and Af represents a subcarrier frequency interval. In this
case, the peak R, “(N) of the autocorrelation function may
be determined as

30

=

= )

Rouo(N) = S preampte (ka, + m) + wika + m)]

z| -

35

3
I
=]

[Spreampie (ka +m + N) +wiky +m + N)]*

=

1
[S preambie tka + ) +wiky +m)]

=z~

3
I
=]

40
[Spreampie (ka +m)e™™ N 4 ywikp +m+ N)]*

kel N
signal€” + Proise

It can be seen that the frequency offset does not affect the
algorithm for calculating the signal-to-noise ratio, and only
causes the peak of the autocorrelation function to have a
phase related to the frequency offset. The phase can be used

to implement estimation for the frequency offset. s

In addition, it is assumed that the noise in the channel is
a gaussian white noise and is independent of the transmitted
signal. In this case, the valley of the autocorrelation function
R, (k+N) may be determined as

55

1 N-1
RYuo(N) = 5 D ik -+ m)lsprecmste(ky +m) +

m=0

10

wiky + m+ N)]*
60

= Prise

Further, according to the definition of the signal-to-noise
ratio, the signal-to-noise ratio SNR may be determined
based on the peak R, *(N), and the valley R, Y(N) as
follows.

65
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RS (1

auto

(N)| - R},

auto

IRY.to(V)I

SNR = N

where || represents an absolute value operation.

It can be seen from the above that, in this solution, the
frequency offset estimation and the signal-to-noise ratio
estimation can be achieved by determining the peak of the
delayed autocorrelation function of the received signal,
where the absolute value of the peak is used for the signal-
to-noise ratio estimation, and the phase of the peak is used
for the frequency offset estimation. Reference is made to
FIG. 4, which is a schematic diagram showing a relationship
between an actual value and an estimated value of an SNR
according to an embodiment of the present disclosure. A
straight line indicates the estimated value, and a broken line
indicates the actual value. It can be seen that, there is a
substantially linear relationship between the estimated value
and the actual value, and thus the signal-to-noise ratio of the
system can be stably and reliably estimated with the solution
of the present disclosure.

It should be noted that, the MMSE equalization algorithm
expressed by the expression (6) may result in the scale of the
constellation map of the signal after equalization changing
with factors such as the signal-to-noise ratio. FIG. 5a shows
a constellation map of an output signal of an MMSE
equalizer in a case that the signal-to-noise ratio is 4 dB, and
FIG. 55 shows a constellation map of the output signal of the
MMSE equalizer in a case that the signal-to-noise ratio is 12
dB. It can be seen that, the scale of the constellation map of
the output signal of the equalizer is decreased with increase
of the signal-to-noise ratio. The decreased scale of the
constellation map may result in the subsequent soft demap-
ping module failing to work normally. Further, in the actual
implementation process, the automatic gain control (AGC)
is required to ensure a level of the received signal of the
system. However, the AGC cannot ensure that the average
power of the received signal is constant, but only can ensure
that the average power of the received signal is in a certain
range. In this case, the channel estimation value may change,
which also results in the change of the constellation map of
the output signal of the MMSE equalizer.

Referring to FIG. 6, a channel equalization method based
on an MMSE equalizer is provided according to the embodi-
ment of the present disclosure, to solve the problem that the
subsequent soft demapping module fails to work normally,
which is caused by the fact that the scale of the constellation
map of the signal after equalization changes with the factors
such as the signal-to-noise ratio. The channel equalization
method includes the following steps S201 to S204.

In S201, a signal-to-noise ratio and a frequency domain
channel impulse response are acquired.

Specifically, the signal-to-noise ratio is determined by
performing the signal-to-noise ratio determining method
according to any one of the above embodiments, and the
specific determination process thereof is described in the
embodiment of the signal-to-noise ratio determining
method, which is not repeated herein.

In S202, an MMSE equalizer coefficient is determined
based on the signal-to-noise ratio and the frequency domain
channel impulse response.

Specifically, the MMSE equalizer coefficient in this
embodiment is calculated in the same manner as that in the
expression (6). That is, the MMSE equalizer coeflicient
Chrosse(k) is expressed as:
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c = H* (k) Psignat _
M T HUOP Prignat + Proise

H*(k) (12)

I
HE? + —
HOP + oo

where the signal-to-noise ratio SNR in expression (12) is
obtained by performing the signal-to-noise ratio determining
method described above.

In S203, a scale correction factor is determined based on
an average frequency domain channel response, a signal
average power, and a noise average power.

The process of determining the scale correction factor
based on the average frequency domain channel response,
the signal average power and the noise average power is
performed by the following steps including:

determining a scale correction factor ® based on an
average frequency domain channel response H, a signal
average power P__ . and a noise average power P, .
according to a scale correction factor determination rule
which is expressed as

2
o= |H|" Psignat + Proise

= 2
|HI|" Psignat

Specifically, in this embodiment, the calculating method
for the MMSE equalizer coefficient expressed by the expres-
sion (6) is modified as follows.

H* (k) Psignat
[HUOP Pyignat + Proise

13
Cumse (k) = 4

. 2
_ H* (k) Psignat |HI|" Psignat + Proise
[HU? Peignat + Proise |H|2Pxig,m,
_ H* (k) Psignat
[HUOP Pyignat + Proise
where
2
o= |H|" Psignat + Proise (14

—3
|H|" Psignat

In S204, an equalizing process is performed on a received
frequency domain signal based on the MMSE equalizer
coeflicient and the scale correction factor, to obtain a scale-
corrected frequency domain signal.

An LS equalization algorithm expressed by the following
expression (15) is given to better understand why the scale
correction can be achieved by using the MMSE equalizer

H*(k)
|H®IP

15
Crs(k) = 4>

It can be proved that, a scale of a constellation map of an
output signal of an LS equalizer does not change with the
factors such as the signal-to-noise ratio. Based on the above,
the MMSE equalizer expressed by the expression (6) is
replaced by the equalizer expressed by the expression (13).
It can be seen that, compared with the LS equalizer
expressed by the expression (15), the MMSE equalizer
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expressed by the expression (13) not only can have an
excellent performance by taking the influence of the signal-
to-noise ratio into consideration, but also can have the same
property as the LS equalizer that the scale of the constella-
tion map of the output signal does not change with the
signal-to-noise ratio by introducing the scale correction
factor O, thereby eliminating the change of the scale of the
constellation map of the output signal of the equalizer due to
the signal-to-noise ratio and the channel estimation value.

Reference is made to FIG. 7, which is a schematic block
diagram showing an MMSE channel equalization method
according to an embodiment of the present disclosure. Three
components are shown in FIG. 7, including an MMSE
equalization unit, a scale correction factor calculating unit
and a scale correcting unit. The MMSE equalization unit is
used to perform a process by using a received frequency
domain signal Y, an estimated frequency domain channel
response H, a signal power P, and a noise power N according
to the algorithm expressed by the expression (12), to obtain
a constellation map X of the signal after equalization. The
scale correction factor calculating unit is used to perform a
process by using the estimated frequency domain channel
response H, the signal power P, and the noise power N
according to the algorithm expressed by the expression (13),
to obtain a scale correction factor ®. The scale correcting
unit is used to obtain a scale-corrected constellation map X
based on the scale correction factor ® and the constellation
map X of the signal after equalization.

FIG. 8a shows a scale-changed constellation map in a
case that the signal-to-noise ratio is 4 dB, and FIG. 85 shows
an expected constellation map in the case that the signal-
to-noise ratio is 4 dB. It can be seen that, in the embodiment
of the present disclosure, the scale of the constellation map
of the output signal of the equalizer no longer changes with
the factors such as the signal-to-noise ratio and the adjust-
ment of the AGC signal by the scale correction, and the
difference between the scale-changed constellation map and
the expected constellation map is small.

A signal-to-noise ratio determining device according to an
embodiment of the present disclosure is described below.
The signal-to-noise ratio determining device described
below and the signal-to-noise ratio determining method
described above may be referred to each other.

Referring to FIG. 9, a signal-to-noise ratio determining
device for a receiving end of an information transmission
system is provided according to an embodiment of the
present disclosure. The signal-to-noise ratio determining
device is based on an information transmission system in
which timing synchronization is achieved by using a struc-
ture of a repetitive training sequence. The signal-to-noise
ratio determining device includes: a first acquiring module
110, and a signal-to-noise ratio determining module 120.

The first acquiring module 110 is configured to acquire a
peak and a valley of an autocorrelation function. The peak
represents a sum of a signal average power and a noise
average power, and the valley represents the noise average
power.

The signal-to-noise ratio determining module 120 is con-
figured to determine a signal-to-noise ratio based on the
peak and the valley.

The first acquiring module 110 includes: an autocorrela-
tion function determining unit, a first peak determining unit,
a second peak determining unit and a valley determining
unit.

The autocorrelation function determining unit is config-
ured to determine an autocorrelation function R, (k+N)
which is expressed as
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1 N-1 .
Rouolk +N) = =5 3" r(k +mr(k +m +N)',

m=0

where k represents a subscript related to time, N represents
a length of the repetitive training sequence, r(k+m) repre-
sents a signal at a time instant delayed than a time instant k
by m sampling periods, m represents the number of delayed
sampling periods, and (.)* represents a conjugate operation.

The first peak determining unit is configured to determine
a peak R, “(N) of the autocorrelation function from the
autocorrelation function R, (k+N), where in a case that
there is no frequency offset in the information transmission
system, the peak R, “(N) is determined as

1 N-1
RiuioWN) = 55 > peamsielka +m) +wiky +m)]
m=0

[Spreampie (ka +m + N) +wiky +m + N)]*

= Psignat + Proise-

The second peak determining unit configured to deter-
mine the peak R, ,,*(N) of the autocorrelation function from
the autocorrelation function R, ,,(k+N), where in a case that
there is a frequency offset which is expressed as e=1,, 5 /Al
in the information transmission system, the peak R, “(N)
is determined as

1 N-1
Rouo W) = 55 > [spreanstelha +m) + wiky +m)]
m=0

[Spreampteka +m + N) +wika +m + N)|*

pi2eIN | p

noises

= Pignal

where f .., represents a carrier offset, and Af represents
a subcarrier frequency interval.

The valley determining unit is configured to determine a
valley R, Y(N) of the autocorrelation function from the
autocorrelation function R, (k+N), where the valley
R,,..Y(N) is determined as

1 N-1
Riuo(N) = 55 D ks +m)spraampte(ky +m) + wiky +m+ NI

m=0

= Proise,

where s,,,,,.,,.(K) represents a training sequence, w(k) rep-
resents a noise, P, represents a signal average power,
P,.:s f€presents a noise average power, k, represents a time
subscript corresponding to the peak, and k¢ represents a

time subscript corresponding to the valley.

The signal-to-noise ratio determining module is config-
ured to determine a signal-to-noise ratio SNR based on the
peak R, “(N) and the valley R, , Y(N) according to a
signal-to-noise ratio determination rule which is expressed
as

auto
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RS,

auto

(N)| - R},

auto

IR0 (NI

SNR = N

where |¢| represents an absolute value operation.

A signal-to-noise ratio determining device is further pro-
vided according to an embodiment of the present disclosure,
which includes: a memory and a processor. The memory is
configured to store a computer program. The processor is
configured to implement the steps of the signal-to-noise ratio
determining method described above when executing the
computer program.

A computer readable storage medium is further provided
according to an embodiment of the present disclosure. A
computer program is stored on the computer readable stor-
age medium. The computer program is executed by a
processor to implement the steps of the signal-to-noise ratio
determining method described above.

The storage medium may include: a U-disk, a mobile hard
disk, a read-only memory (ROM), a random access memory
(RAM), a disk, a disc, or any medium which can store a
program code.

A channel equalization device according to an embodi-
ment of the present disclosure is described below. The
channel equalization device described below and the chan-
nel equalization method described above can be referred to
each other.

Referring to FIG. 10, a channel equalization device based
on an MMSE equalizer is provided according to an embodi-
ment of the present disclosure. The channel equalization
device includes: a second acquiring module 210, an equal-
izer coeflicient determining module 220, a scale correction
factor determining module 230, and a signal equalization
module 240.

The second acquiring module 210 is configured to:
acquire the signal-to-noise ratio determined by the signal-
to-noise ratio determining device, and acquire a frequency
domain channel impulse response.

The equalizer coefficient determining module 220 is con-
figured to determine an MMSE equalizer coeflicient based
on the signal-to-noise ratio and the frequency domain chan-
nel impulse response.

The scale correction factor determining module 230 is
configured to determine a scale correction factor based on an
average frequency domain channel response, a signal aver-
age power and a noise average power.

The signal equalization module 240 is configured to:
perform an equalizing process on a received frequency
domain signal based on the MMSE equalizer coeflicient and
the scale correction factor, to obtain a scale-corrected fre-
quency domain signal.

The scale correction factor determining module is con-
figured to determine a scale correction factor ® based on an
average frequency domain channel response H, a signal
average power P, and a noise average power P,
according to a scale correction factor determination rule
which is expressed as

2
_ HI" Psignat + Proise

= 2
|HI|" Psignat

It should be noted that, the scale correction factor deter-
mining module 230 in this embodiment may be understood
as the scale correction factor calculating unit in the channel
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equalization method, and is used to determine the scale
correction factor. The signal equalization module 240 in this
embodiment includes the MMSE equalization unit and the
scale correcting unit in the channel equalization method, and
is used to determine and correct a constellation map of a
signal.

A channel equalization device based on an MMSE equal-
izer is further provided according to an embodiment of the
present disclosure, which includes: a memory and a proces-
sor. The memory is configured to store a computer program.
The processor is configured to implement the steps of the
channel equalization method described above when execut-
ing the computer program.

A computer readable storage medium is further provided
according to an embodiment of the present disclosure. A
computer program is stored on the computer readable stor-
age medium. The computer program is executed by a
processor to implement the steps of the channel equalization
method described above.

The storage medium may include: a U-disk, a mobile hard
disk, a read-only memory (ROM), a random access memory
(RAM), a disk, a disc, or any medium which can store a
program code.

Embodiments in this specification are described in a
progressive manner, each of the embodiments emphasizes
differences from other embodiments, and the same or similar
parts among the embodiments can be referred to each other.

Based on the above description of the disclosed embodi-
ments, those skilled in the art can implement or carry out the
present disclosure. It is apparent for those skilled in the art
to make various modifications to these embodiments. The
general principle defined herein may be applied to other
embodiments without departing from the spirit or scope of
the present disclosure. Therefore, the present disclosure is
not limited to the embodiments illustrated herein, but should
be defined by the widest scope consistent with the principle
and novel features disclosed herein.

The invention claimed is:
1. A signal-to-noise ratio determining method for a receiv-
ing end of an information transmission system, the signal-
to-noise ratio determining method being based on an infor-
mation  transmission system in  which  timing
synchronization is achieved by using a structure of a repeti-
tive training sequence, the signal-to-noise ratio determining
method comprising:
acquiring a peak and a valley of an autocorrelation
function, wherein the peak represents a sum of a signal
average power and a noise average power, and the
valley represents the noise average power; and

determining a signal-to-noise ratio based on the peak and
the valley.

2. The signal-to-noise ratio determining method accord-
ing to claim 1, wherein the acquiring a peak and a valley of
an autocorrelation function comprises:

determining an autocorrelation function R, (k+N)

which is expressed as

1N—1 .
Rouo(k +N) = = > rtk +-myrk +m +N)",

m=0

wherein k represents a subscript related to time, N represents
a length of the repetitive training sequence, r(k+m) repre-
sents a signal at a time instant delayed than a time instant k

18

by m sampling periods, m represents the number of delayed

sampling periods, and (.)* represents a conjugate operation;

determining a peak R _,,,,*(N) of the autocorrelation func-

tion from the autocorrelation function R, (k+N),

5 wherein in a case that there is no frequency offset in the

information transmission system, the peak R,,,,*(N) is
determined as

10 =
Reuo W)= 5 > [spreamstelh +m) + wiky +m)]

m=0

[Spreambleka +m +N) +wika +m + N)J*

= Psignat + Proises
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and in a case that there is a frequency offset which is
expressed as &=f,; /Af in the information transmission
system, the peak R_,,_“(N) is determined as

auto

20

1 N-1
RouoN) = 55 D ISpreampieka +m) + wlky +m)]
m=0

25 [Spreamble ka +m + N) +wlka +m + NI,

ej27rks/N + P,

noise

= Psignat

wherein 1, represents a carrier offset, and Af represents a
30 subcarrier frequency interval; and
determining a valley R, Y(N) of the autocorrelation
function from the autocorrelation function R, (k+N),
wherein the valley R, Y(N) is determined as
35
1 N-1
Riuo ) = 53 wlky + m)lspreanpie (b +m) +wiky +m+ N

m=0

= Pooise
40

wherein s,,,..,..,..(K) represents a training sequence, w(k)

represents a noise, P, ,, represents a signal average

power, P, . represents a noise average power, k,
represents a time subscript corresponding to the peak,
and kg represents a time subscript corresponding to the
valley.

3. The signal-to-noise ratio determining method accord-
ing to claim 2, wherein the determining a signal-to-noise
ratio based on the peak and the valley comprises:

50 determining a signal-to-noise ratio SNR based on the peak
R,..~(N) and the valley R, Y(N) according to a
signal-to-noise ratio determination rule which is

expressed as

45

55

auto

SNR = =
[Rauo(N)I

60 wherein || represents an absolute value operation.

4. A channel equalization method based on a minimum
mean square error (MMSE) equalizer, the channel equaliza-
tion method comprising:

acquiring the signal-to-noise ratio determined by per-

65 forming the signal-to-noise ratio determining method
according to claim 1, and acquiring a frequency domain
channel impulse response;
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determining an MMSE equalizer coefficient based on the
signal-to-noise ratio and the frequency domain channel
impulse response;

determining a scale correction factor based on an average

frequency domain channel response, a signal average
power and a noise average power; and

performing an equalizing process on a received frequency

domain signal based on the MMSE equalizer coeffi-
cient and the scale correction factor, to obtain a scale-
corrected frequency domain signal.

5. The channel equalization method according to claim 4,
wherein the determining a scale correction factor based on
an average frequency domain channel response, a signal
average power and a noise average power comprises:

determining a scale correction factor ® based on an

average frequency domain channel response H, a signal
average power P, .;, and a noise average power P,
according to a scale correction factor determination
rule which is expressed as

2
_ |HI" Psignat + Proise

= —3
|H|" Psignat

6. A signal-to-noise ratio determining device for a receiv-
ing end of an information transmission system, the signal-
to-noise ratio determining device being based on an infor-
mation  transmission system in  which  timing
synchronization is achieved by using a structure of a repeti-
tive training sequence, the signal-to-noise ratio determining
device comprising:

a first acquiring module configured to acquire a peak and

a valley of an autocorrelation function, wherein the
peak represents a sum of a signal average power and a
noise average power, and the valley represents the
noise average power; and

a signal-to-noise ratio determining module configured to

determine a signal-to-noise ratio based on the peak and
the valley.

7. The signal-to-noise ratio determining device according
to claim 6, wherein the first acquiring module comprises:

an autocorrelation function determining unit configured to

determine an autocorrelation function R, (k+N)
which is expressed as

auto

= )
Rauo(k +N) = ﬁz rlk +mr(k +m+ N)Y*,

m=0

wherein k represents a subscript related to time, N represents
a length of the repetitive training sequence, r(k+m) repre-
sents a signal at a time instant delayed than a time instant k
by m sampling periods, m represents the number of delayed
sampling periods, and (.)* represents a conjugate operation;
a first peak determining unit configured to determine a
peak R, “(N) of the autocorrelation function from the
autocorrelation function R, (k+N), wherein in a case
that there is no frequency offset in the information
transmission system, the peak R, “(N) is determined

as

auto

1E
RioN) = 55 D Ipreampieka +m) + wika +m)]
m=0
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-continued
[Spreambte(kn +m+ N) + wika +m+ N)I";

= Pyignat + Proise

a second peak determining unit configured to determine
the peak R, *(N) of the autocorrelation function from
the autocorrelation function R, (k+N), wherein in a
case that there is a frequency offset which is expressed
as e=t . _/Af in the information transmission system,
the peak R, “(N) is determined as

1 N-1
RiutoN) = 55 > preampieka +m) + ik +m)]
m=0

[Spreamble ka +m +N) +wika +m + N)*,

J2mhelN +P

noise

= Pgignat®

wherein f_,_, represents a carrier offset, and Af represents a
subcarrier frequency interval; and
a valley determining unit configured to determine a valley
R, (N) of the autocorrelation function from the
autocorrelation function R, (k+N), wherein the val-
ley R,,,,Y(N) is determined as

auto

1 N-1
RiuoN) = 5 D Wik +m)spraamptely +m) +wiky +m+ NI,

m=0

= Proise

wherein s,,,..,.,.,..(K) represents a training sequence, w(k)
represents a noise, P, represents a signal average
power, P, .. represents a noise average power, K,
represents a time subscript corresponding to the peak,
and kg represents a time subscript corresponding to the
valley.

8. The signal-to-noise ratio determining device according
to claim 7, wherein the signal-to-noise ratio determining
module is configured to determine a signal-to-noise ratio
SNR based on the peak R_,,,*(N) and the valley R, V(N)
according to a signal-to-noise ratio determination rule which
is expressed as

IR 1N = |RY o (V)]

auto

SNR = =
[Rauo(N)I

5

wherein || represents an absolute value operation.

9. A channel equalization device based on a minimum
mean square error (MMSE) equalizer, the channel equaliza-
tion device comprising:

a second acquiring module configured to: acquire the
signal-to-noise ratio determined by the signal-to-noise
ratio determining device according to claim 6, and
acquire a frequency domain channel impulse response;

an equalizer coeflicient determining module configured to
determine an MMSE equalizer coefficient based on the
signal-to-noise ratio and the frequency domain channel
impulse response;

a scale correction factor determining module configured
to determine a scale correction factor based on an
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average frequency domain channel response, a signal
average power and a noise average power; and

a signal equalization module configured to: perform an

equalizing process on a received frequency domain
signal based on the MMSE equalizer coefficient and the
scale correction factor, to obtain a scale-corrected fre-
quency domain signal.

10. The channel equalization device according to claim 9,
wherein the scale correction factor determining module is
configured to determine a scale correction factor ® based on
an average frequency domain channel response H, a signal
average power P, and a noise average power P, .
according to a scale correction factor determination rule
which is expressed as

2
_ |HI Pignat + Proise

6= —2
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11. A channel equalization method based on a minimum
mean square error (MMSE) equalizer, the channel equaliza-
tion method comprising:

acquiring the signal-to-noise ratio determined by per-

forming the signal-to-noise ratio determining method
according to claim 2, and acquiring a frequency domain
channel impulse response;

determining an MMSE equalizer coefficient based on the

signal-to-noise ratio and the frequency domain channel
impulse response;

determining a scale correction factor based on an average

frequency domain channel response, a signal average
power and a noise average power; and

performing an equalizing process on a received frequency

domain signal based on the MMSE equalizer coeffi-
cient and the scale correction factor, to obtain a scale-
corrected frequency domain signal.

12. A channel equalization method based on a minimum
mean square error (MMSE) equalizer, the channel equaliza-
tion method comprising:

acquiring the signal-to-noise ratio determined by per-

forming the signal-to-noise ratio determining method
according to claim 3, and acquiring a frequency domain
channel impulse response;

determining an MMSE equalizer coefficient based on the

signal-to-noise ratio and the frequency domain channel
impulse response;

determining a scale correction factor based on an average

frequency domain channel response, a signal average
power and a noise average power; and

performing an equalizing process on a received frequency

domain signal based on the MMSE equalizer coeffi-
cient and the scale correction factor, to obtain a scale-
corrected frequency domain signal.

13. The channel equalization method according to claim
11, wherein the determining a scale correction factor based
on an average frequency domain channel response, a signal
average power and a noise average power comprises:

determining a scale correction factor ® based on an

average frequency domain channel response H, a signal
average power P, .;, and a noise average power P,
according to a scale correction factor determination
rule which is expressed as

2
_ |HI Pignat + Proise
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14. The channel equalization method according to claim
12, wherein the determining a scale correction factor based
on an average frequency domain channel response, a signal
average power and a noise average power comprises:

determining a scale correction factor ® based on an

average frequency domain channel response H, a signal
average power P, ;. and a noise average power P,
according to a scale correction factor determination
rule which is expressed as

2
_ H| Psignat + Proise

0= —3
|H|" Psignat

15. A channel equalization device based on a minimum
mean square error (MMSE) equalizer, the channel equaliza-
tion device comprising:

a second acquiring module configured to: acquire the
signal-to-noise ratio determined by the signal-to-noise
ratio determining device according to claim 7, and
acquire a frequency domain channel impulse response;

an equalizer coeflicient determining module configured to
determine an MMSE equalizer coefficient based on the
signal-to-noise ratio and the frequency domain channel
impulse response;

a scale correction factor determining module configured
to determine a scale correction factor based on an
average frequency domain channel response, a signal
average power and a noise average power; and

a signal equalization module configured to: perform an
equalizing process on a received frequency domain
signal based on the MMSE equalizer coefficient and the
scale correction factor, to obtain a scale-corrected fre-
quency domain signal.

16. A channel equalization device based on a minimum
mean square error (MMSE) equalizer, the channel equaliza-
tion device comprising:

a second acquiring module configured to: acquire the
signal-to-noise ratio determined by the signal-to-noise
ratio determining device according to claim 8, and
acquire a frequency domain channel impulse response;

an equalizer coeflicient determining module configured to
determine an MMSE equalizer coefficient based on the
signal-to-noise ratio and the frequency domain channel
impulse response;

a scale correction factor determining module configured
to determine a scale correction factor based on an
average frequency domain channel response, a signal
average power and a noise average power; and

a signal equalization module configured to: perform an
equalizing process on a received frequency domain
signal based on the MMSE equalizer coefficient and the
scale correction factor, to obtain a scale-corrected fre-
quency domain signal.

17. The channel equalization device according to claim
15, wherein the scale correction factor determining module
is configured to determine a scale correction factor © based
on an average frequency domain channel response H, a
signal average power P ,.;, and a noise average power
P,.:s. according to a scale correction factor determination
rule which is expressed as

2
_ HI" Psignat + Proise
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18. The channel equalization device according to claim
16, wherein the scale correction factor determining module
is configured to determine a scale correction factor © based
on an average frequency domain channel response T, a
signal average power P, ., and a noise average power
P,.:s. according to a scale correction factor determination
rule which is expressed as

2
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6= —2
|H|" Pyignat

10

24



